Sound field synthesis methods like Wave Field Synthesis (WFS) and Near-Field Compensated Higher Order Ambisonics synthesize a sound field in an extended area surrounded by loudspeakers. Because of the limited number of applicable loudspeakers the synthesized sound field includes artifacts. This paper investigates the influence of these artifacts on the accuracy with which a listener can localize a synthesized source. This was performed with listening tests using dynamic binaural synthesis to simulate different sound field synthesis methods and incorporated several listening positions. The results show that WFS is able to provide good localization accuracy in the whole listening area even for a low number of loudspeakers. For Near-Field Compensated Higher Order Ambisonics the achievable localization accuracy of the listener depends highly on the Ambisonics order and shows large localization deviations for low orders, where splitting of the perceived sound source was sometimes reported.
I. INTRODUCTION
The goal of sound field synthesis techniques is to create a predefined sound pressure in an extended area that is surrounded by loudspeakers. 1, 2 Depending on the distances between the loudspeakers and the applied techniques, the synthesized sound field deviates from the desired one. 3, 4 This paper investigates the influence of those deviations on the ability of listeners to localise sound sources in the synthesized sound field. The listeners judged the perceived horizontal direction for different sound field synthesis techniques, loudspeaker distances, synthesized sound source types, and listening positions. The results identify the needed physical parameters of a sound field synthesis system to achieve high localization accuracy. The human auditory system has the remarkable ability to discriminate changes in the horizontal direction of a sound source as small as 1 . 5 This imposes strict requirements on a sound field synthesis system, if the system tries to enable listeners to discriminate synthesized sources with the same accuracy. Several studies investigated localization accuracy for different sound field synthesis setups, but in most of them only a central listening position was considered. No studies performed a systematic comparison between different sound field synthesis techniques in the whole listening area.
For the well-established sound field synthesis technique of Wave Field Synthesis (WFS), results show that localization is at most slightly impaired for loudspeaker spacings less than 25 cm. Those results were obtained for different linear loudspeaker arrays synthesizing a point source 3, 6, 7 or a focused source, which is a source in front of the loudspeaker array. 8 The listeners were always placed at a central listening position. In a recent publication, Wierstorf et al. 9 have investigated the localization at 16 different listening positions for a linear loudspeaker array. The results demonstrate the possibility of WFS to ensure similar localisation performance in the whole listening area. For a loudspeaker spacing of 20 cm, no difference to the localization of a real source was found.
Another sound field synthesis technique, which is only available for circular or spherical geometries is Near-Field Compensated Higher Order Ambisonics (NFC-HOA). For NFC-HOA no localization results are available. A few results are published for the similar method of Higher Order Ambisonics (HOA) which assumes plane waves as a physical model for the loudspeakers instead of point sources. For HOA, experiments were carried out for a central listening position, 10 and in some cases included off-center listening positions. 11, 12 The results show a high dependency on the listening position. The best-achieved localization accuracy is 3 at a central listening position for fifth-order HOA employing 12 loudspeakers and a distance between the loudspeakers of approximately 2 m. This paper investigates the localization accuracy for WFS and NFC-HOA, with a focus on the influence of different loudspeaker spacings, different listening positions and different synthesized source types. It starts with a short review on the physical principles of WFS and NFC-HOA. Section II introduces the methodology of the experiment. This includes binaural simulations of the ear signals and the pointing method used to indicate the perceived direction. After that the paper presents and discusses the localization results for the different WFS and NFC-HOA configurations. The results are restricted to the horizontal plane as this is currently the most common sound presentation in sound field synthesis.
A. Sound field synthesis
The theory of sound field synthesis deals with the problem of finding driving signals for a loudspeaker array in order to achieve a desired sound pressure in a defined listening area. Mathematically this problem can be described by the single-layer potential. 13 It can be solved analytically for special loudspeaker array geometries. For circular or spherical geometries, the solutions are known as NFC-HOA and consist of a series expansion using basis functions up to an order of M. If M is restricted to half the number of applied loudspeakers, it is often called band-limited NFC-HOA, referring to a bandwidth limitation in the spatial domain. For arbitrary geometries the solution of the single-layer potential can be approximated for high frequencies by composing the loudspeaker array geometry from small planar surfaces for which analytical solutions can be found, 14 a method known as WFS. Because of the applied approximations only those parts of the loudspeaker array are active which emit sound in the propagation direction of the synthesized sound field. 15 There also exist numerical solutions to the single-layer potential. 16 Those are not considered in this paper as they in most cases represent solutions for well defined scenarios that cannot easily be generalized in contrast to the analytical solutions investigated in this study.
Before solving the single-layer potential, the desired sound field has to be defined. In this study, it is given by three different physical source models, point sources, focused sources, or plane waves. A focused source is a point source placed inside the listening area. This is accomplished by emitting a sound field by a subset of loudspeakers that travels toward a focus point and emanate afterward. 17 This implies that a focused source has a directivity and reaches its desired sound field only for listener positions that are not placed between active loudspeakers and the position of the focused source. The applied driving signals are listed in the Appendix for reference.
To demonstrate some of the properties of WFS and NFC-HOA, assume the synthesis of a mono-frequency plane wave with a frequency of 2 kHz using a circular loudspeaker array with a radius of 1.5 m, employing 56 loudspeakers with a distance of 17 cm between them. Figure 1 shows the resulting sound pressure using WFS, NFC-HOA with a high order, and spatial band-limited NFC-HOA with M chosen as half the number of loudspeakers. The synthesized sound field in the case of WFS and NFC-HOA with M ¼ 112 is nearly identical, only the number of active loudspeakers differ between the two setups. In both cases, the sound field of the plane wave shows spatial aliasing artifacts in the upper part of the listening area. The artifacts arise due to the spatial under-sampling by the given number of loudspeakers which limits the sound field that can be synthesized correctly for higher frequencies. The frequency above which aliasing becomes prominent (aliasing frequency) can be approximated as c=ð2Dx 0 Þ, where Dx 0 is the loudspeaker spacing. 18 Because of the spatio-temporal nature of the problem the aliasing frequency is not only dependent on the loudspeaker spacing, but on others factors like the listening position. For most cases it is slightly higher for positions farther away from the most active loudspeakers. For spatially bandlimited NFC-HOA with M ¼ 28 the situation is different. Here, an alias-free region in the center of the array is visible surrounded by an area showing aliasing artifacts close to all loudspeakers. The size of that area is directly related to the distance between the loudspeakers.
The aliasing frequency and the corresponding artifacts are of special interest for the investigation of localization in sound field synthesis. The aliasing artifacts impair the interaural time differences (ITDs) and interaural level differences (ILDs) which are the main localization cues in the horizontal plane. 19 Nonetheless, if the aliasing frequency is above 1.4 kHz it can be hypothesized that the impaired cues for higher frequencies have no influence. This is based on the findings that the localization is dominated by lower frequency ITDs for broad band signals with static 20 or dynamic 21 cues. A corresponding lower bound of the aliasing frequency of 1.4 kHz would assume a loudspeaker spacing of 12 cm. This is in agreement with the listening test results for a central listening position. 3, 6, 7 As the aliasing artifacts change with listener position and source type, this study investigates if the localisation accuracy is similar in the whole listening area. Especially in the case of bandlimited NFC-HOA, the deviations can be expected due to the structure of the sound field.
B. Reproducible research
The investigation and evaluation of sound field synthesis implies implementing a multitude of algorithms and running numerical simulations. As a consequence, the outcome of the algorithms is vulnerable to implementation errors which cannot completely be avoided. 22 Beside the software tools, the work presented here relies on measured acoustical data. To ensure that other researchers can test the correctness of results and easily reproduce them, 23 the stimuli, 24 the results of the single listeners, 25 and the code for every single figure 26 are available as separate electronic publications. The involved signal processing based on the Sound Field Synthesis Toolbox, 27 which is a general framework for numerical simulation of WFS and NFC-HOA developed by the authors.
II. METHODS
The different loudspeaker arrays were simulated via dynamic binaural synthesis. 28 This process involved the presentation of the ear signals via headphones to the listeners while the signals were adapted according to the current head orientations. This allowed for a fast switching method between listening positions and avoided any hints to the listeners about their current position relative to the loudspeaker array. In the localization test itself, the listeners indicated the direction from which they perceived the synthesized sound by orienting their head to the perceived direction and pressing a key. A laser pointer was mounted on the headphones and provided them visual feedback about their head orientation. A pre-study, including ten participants, applied the exact same pointing method and dynamic binaural synthesis method of this study to the localization of 11 real loudspeakers placed behind an acoustic transparent curtain and of 11 binaurally rendered virtual sources placed at the same locations. 29 The result was an average localization accuracy of 1:8 61:03 for the real loudspeakers and 0:7 61:13 for the simulated once as long as the loudspeakers were positioned in a range of 635 . The difference between the averages of the perceived directions of the real and simulated loudspeakers was 1:6 60:45 . This shows that both the accuracy of the pointing method and the error introduced by the dynamic binaural synthesis are similar to the human discrimination threshold and both can be applied to the investigation of the localization accuracy in sound field synthesis.
A. Dynamic binaural synthesis and stimuli
Stimuli were digitally generated at a sampling rate of 44.1 kHz. The impulse responses for the different loudspeaker setups and sound field synthesis conditions were calculated from a measured set of head-related transfer functions (HRTFs), which has a resolution of 1 and was measured with the KEMAR dummy head. 30 For nonmeasured directions, the HRTFs were linearly interpolated by a weighted sum of the two nearest measured HRTFs. For distances smaller or larger than the measured 3 m the HRTFs were adapted by delaying accordingly to the speed of sound and weighting inversely proportional to its distance. The changes that the different sound field synthesis methods would apply to every loudspeaker signal in order to synthesize a given source type were then included in the HRTFs. The SoundScape Renderer (SSR) 31 convolved the resulting HRTFs 24 with the audio material. As audio material, a train of Gaussian white noise pulses with a duration of 700 ms and a pause of 300 ms between each pulse was applied. The single pulses were independent white noise signals. They were windowed with raised cosine ramps of 20 ms length at their start and end. The resulting signal was band-pass filtered with a fourth order Butterworth filter between 125 and 20 000 Hz. It had a total length of 100 s and was stored and played back in a loop during the experiment. Figure 2 summarizes the dynamic binaural synthesis process.
The PC was equipped with a RME HDSP MADI card and for the digital to analog conversion CreamWare A16 converters were used. The listeners wore AKG K601 headphones, for which the HRTFs were compensated for by a non-individual filter designed after a KEMAR measurement and applying deconvolution and regularization. 32 The head movements of the listeners were tracked by a Fastrak Polhemus head tracker and passed onto the SoundScape Renderer with an update rate of 60 Hz. The SoundScape Renderer switched the HRTFs for the dynamic binaural synthesis, according to the orientation of the listener. This was performed on an audio block length of 1024 samples, resulting in an estimated latency of the whole dynamic binaural synthesis of around 120 ms, which was short enough to not affect the localization results. 33 
B. Pointing method
This paper applies a pointing method that Makous and Middlebrooks 34 introduced. Here, the listeners have to point with their heads toward the direction of the auditory event, while the sound event is present. This has the advantage that the listener is directly facing the source, a region in which the minimum audible angle is the smallest. 5 If the listeners are pointing their heads in the direction of the source during a closed-loop listening task without getting visual feedback about their looking direction, an estimation error of the sources at the side occurs, due to an interaction with the motor system. 35 To overcome this, a visual pointer was mounted onto the headphones in order to indicate the head orientation to the listener.
C. Procedure
The experiment utilized of three different circular loudspeaker setups. The radius of all loudspeaker arrays was 1.5 m. The center of the loudspeaker array was placed at (0, 0) m. The number of loudspeakers varied between 14, 28, and 56 loudspeakers. This corresponded to a loudspeaker spacing of 67, 34, 17 cm. For every loudspeaker setup, three different sound sources were synthesized by WFS using Eq. (A3), Eq. (A5), and Eq. (A7): a point source placed at ð0; 2:5Þ m, a plane wave traveling in the direction ð0; À1Þ, and a focused source placed at ð0; 0:5Þ m. In addition, the same point source and plane wave were synthesized with NFC-HOA using Eq. (A1) and Eq. (A2). For the loudspeaker array consisting of 14 loudspeakers, two different Ambisonics orders M ¼ 7 and M ¼ 28 were applied. The test participants were placed at 16 different listening positions, which had a spacing of 25 cm along the x axis and 75 cm along the y axis. Because of the symmetry of the circular arrays, only listening positions on one half were considered. The overall setup is further highlighted by Fig. 3 .
Three different loudspeaker setups, 16 different listening positions, and five different combinations of source type and sound field synthesis method, plus two different Ambisonics orders for one loudspeaker array resulted in a total of 288 conditions, that were presented five times to every listener. The experiment was split in four runs on different days. One run presented only WFS or NFC-HOA conditions in randomized order and lasted approximately 45 min.
The listeners sat on a chair in an acoustically damped listening room and had an acoustic transparent curtain 1.5 m in front of them. The room has a volume of 83 m 3 and a reverberation time RT 60 of 0.17 s at a frequency of 1 kHz and was darkened during the experiment. The listeners wore headphones for the binaural presentation of the stimuli. They had a keyboard on their knees and a laser pointer was attached on top of the headphones. They were instructed to point in the direction from where they perceived the auditory event. The test participants were informed that the vertical direction should be ignored as the usage of non-individual HRTFs can lead to slightly elevated sources. After they made sure to point in the right direction, they were asked to hit the enter key. The stimuli were presented in a closedloop to the listeners ending with the key press of the listeners, whereby there was no time limit for the response. The listeners' head orientation was calculated as the mean over the following ten values obtained from the head tracker, which corresponds to a time of 90 ms. After the key press, the next trial started instantaneously, which implied that the listener always started the localization from their last viewing direction. For the two NFC-HOA runs they were further instructed to look in the direction of the more pronounced source, if they heard more than one. In cases for which they were not able to state which was more pronounced, they were instructed that they should randomly choose one of the sources.
D. Listener
Twelve normal-hearing listeners were recruited for the two runs that included only WFS. They were aged 23 to 33 years old. One of them had prior experiences with psychoacoustic testing and sound field synthesis. Another 12 normal-hearing listeners were recruited for the two runs that included only NFC-HOA. They were aged 24 to 35 years old. Three of them had prior experiences with psychoacoustic testing and sound field synthesis. One of the listeners completed only the condition with plane wave as source model and one completed only the condition with point source as source model. Two test participants were excluded from the analysis, because their standard deviation of the reported direction over the five repetitions was more than twice as large as for the other participants. Figure 4 summarizes the results 25 of all the experiments. For every sound field synthesis method, the loudspeaker positions are drawn as black dots and the synthesized sources are indicated by the grey symbols. At every listener position an arrow is pointing toward the average direction from which the listeners perceived the corresponding auditory event. The color of each arrow displays the localization error, which is defined as the absolute deviation between the desired sound event direction and the direction of the auditory event. It ranges from light for 0 to dark for values of 40 or higher.
III. RESULTS
The mean localization error for WFS synthesizing a point source or a plane wave is approximately 1 in the case of the loudspeaker spacing of 17 cm. Only at the position ðÀ1; 0:75Þ m for the synthesis of a plane wave the localization error is around 5 . For a loudspeaker spacing of 34 cm the localization error increases slightly to an average of 2 . For a loudspeaker spacing of 67 cm the localization error increases and varies for different listening positions, showing the largest errors at frontal listening positions. In addition, the listeners start to look in the direction of the nearest loudspeaker instead of the direction of the synthesized point source.
For the synthesis of a focused source in WFS, localization errors are in general larger. The focused source was placed at ð0; 0:5Þ m and was travelling downward, which means that the five frontal listener positions were placed between the focused source and the active loudspeakers, an area which should be avoided for focused sources. For these positions, the listeners were not able to perceive the direction of the focused but those of the active loudspeakers. In addition, it could be observed that for the loudspeaker arrays with a loudspeaker spacing of 67 and 34 cm only a small region with low localization error exists around the central listening positions. For positions to the side, the listeners were again pointing more in the direction of the active loudspeakers. Only for the loudspeaker array with 17 cm spacing between the loudspeakers, a triangle-shaped listening area can be identified where the localization error is around or less than 10 .
The localization error for band-limited NFC-HOA synthesizing a point source is larger at all listening positions than for WFS, in average 3.8 for a loudspeaker spacing of 17 cm and 7.4 for a spacing of 34 cm. The results are more dependent on the listening position as for the WFS conditions, showing stronger errors for positions to the side. In the case of the loudspeaker array with a loudspeaker spacing of 67 cm, the localization error for the point source condition is larger than 10 for most of the listening positions to the side. For the loudspeaker spacing of 67 cm, NFC-HOA with an order of M ¼ 28 was also tested. In this case, the results are very similar to the ones of the WFS conditions for the same loudspeaker array. The localization error now has similar values for all positions across the listening area and a small increase at frontal listening positions.
As most listeners reported that they sometimes perceived more than one source, the distributions of the reported directions of auditory events from all listeners were analyzed. First the mean standard deviation was calculated independently for each combination of synthesis method and source type. If a distribution for a given position had a standard deviation more than three times as large as the average it was identified as a condition giving an impression of more than one source. An example is presented in Fig. 5 for the point source condition at the listening position ðÀ1; À0:75Þ m and a loudspeaker spacing of 67 cm. The distributions of responds of nine listeners are shown in comparison for WFS, NFC-HOA with an order of M ¼ 28, and band-limited NFC-HOA with an order of M ¼ 7. For the case of WFS and NFC-HOA with an order of M ¼ 28, a normal distribution with a standard deviation below 5 is visible. On the other hand, for band-limited NFC-HOA the distribution is far more spread with a standard deviation greater than the threshold of 19.3 and the data are most probably characterized by more than one normal distribution. In all cases where the standard deviation exceeded the threshold an expectation-maximization Gaussian mixture model was applied to estimate what data point belongs to what distribution. The two distributions and their corresponding data points are indicated by two different colors in Fig. 5 . After the assignment to a particular distribution, the average direction of the auditory event was calculated for every distribution. In Fig. 4 two arrows, one for each corresponding direction were drawn for the three positions exceeding the standard deviation threshold. This was the case only for a point source synthesized by band-limited NFC-HOA with an order of M ¼ 7 listening positions at the side.
IV. DISCUSSION
The accuracy of localizing a point source or plane wave that is synthesized by WFS is high in the whole listening area for all tested loudspeaker arrays. The localization error is below 5 on average and is only degraded for positions in the proximity to the active loudspeakers, where the aliasing frequency is slightly higher. This is in accordance with the results from Wierstorf et al. 9 There, high localization accuracy was achieved inside the listening area for a loudspeaker spacing of 20 cm. Only for loudspeaker spacings of more than 50 cm the localization was mainly bound to single loudspeakers comparable to the collapse of a stereophonic image into the closer loudspeaker. For a focused source, the localization accuracy depends more on the actual listening positions. Only in a very small part of the listening area is the localization accuracy below 5 .
The localization accuracy for the same loudspeaker setups driven by band-limited NFC-HOA is inferior to that of WFS. Only the loudspeaker array with a loudspeaker spacing of 17 cm is capable of providing a localization error smaller than 5 in most of the listening area. For fewer loudspeakers, large localization errors occur outside the center of the listening area and listeners can perceive more than one source and hear single loudspeakers. If the order of NFC-HOA is increased, the localization accuracy is comparable to that of WFS. This highlights that for NFC-HOA the applied order is very critical for the localization accuracy in the whole listening area. If the order is reasonably high, localization is identical to that of WFS. Otherwise it is better inside and worse outside of the center of the listening area.
The described results can be further discussed by estimating relevant binaural cues by a binaural model. 36 ITD, ILD, and interaural coherence (IC) values were extracted from the binaural signals for each auditory filter using rectangular time windows of 20 ms length. ITD and IC values were calculated from the cross-correlation function. ITDand ILD-histograms were accumulated over the time of 700 ms of one noise pulse. The histogram bin sizes were 50 ls and 1 dB, respectively. An ITD/ILD sample belonging to a specific bin was weighted by its corresponding IC (between 0 and 1) value in order to incorporate reliability of that sample. 37 Figure 6 presents the ITD and ILD histograms for a listener placed at ðÀ1; À0:75Þ m for the different sound field synthesis systems and different source types. Up to 1.3 kHz only ITDs were considered and for larger frequencies only ILDs. Most of the WFS conditions were able to resemble the ITD pattern of the reference source, which seemed also to dominate the perceived direction of the listeners. This is further highlighted by another study of the authors. There, they used ITD values below 1.4 kHz to predict the perceived directions of synthesized point sources in WFS and a linear loudspeaker array with high accuracy. 9 For the conditions of WFS synthesizing a focused source, the situation was different and two effects were visible. For low frequencies the ITDs were less reliable and spread around a larger range than at higher frequencies. This is due to the limitations in acoustic focusing at lower frequencies. 38 The second effect showed a spread of ITD values for higher frequencies, accompanied by smaller ILD values. This was more pronounced for loudspeaker arrays with larger spacings. Here, the ITDs for high frequencies were more influenced by the positions of the nearest active loudspeakers than by the position of the focused source. This is visible in the responds of the listeners in Fig. 4 as well, leading to a localization of the active loudspeakers for loudspeaker arrays with large spacings and listening positions to the side.
ITDs of the signals synthesized by NFC-HOA showed slightly larger deviations from the ITDs of the reference signals than in WFS. Interestingly, the amount of deviations were not only related to the distance between the loudspeakers, but to the applied order as well. Both sound fields synthesized with band-limited NFC-HOA and an order of M ¼ 7 showed a wide spread of ITD values that corresponded to the perception of two sources in the case of the synthesized point source as shown in Fig. 5 . In addition, for the synthesis of a plane wave there was in general more spread between the ITD of the lowest and the highest analyzed frequency band than for a point source. In general, binaural cues available in the synthesized sound fields were less reliable the larger the distances between the loudspeakers and the lower the Ambisonics order.
V. CONCLUSION
Sound field synthesis methods like WFS and NFC-HOA target at physically controlling a sound field in an extended listening area surrounded by loudspeakers. Because of the limited number of loudspeakers used in common setups, the sound fields show artifacts above a given frequency. This study investigated how those artifacts influence the localization accuracy of a listener. The results show that even with relatively low numbers of loudspeakers and loudspeaker spacings around 20 cm a localization accuracy could be reached in the whole listening area that is comparable to the one achieved in natural sound fields. For larger loudspeaker spacings of around 70 cm the localization accuracy decreases to 5 . For band-limited NFC-HOA the localization becomes position dependent with higher accuracy in the center of the listening area and worse localization accuracy, even splitting of sources, outside of the center.
Most findings can be well explained by the modifications the sound field artifacts introduce to the low-frequency ITDs at the listener ears. This was further highlighted by Wierstorf et al. 9 who used a binaural model to predict localization results for a linear loudspeaker array based on ITDs.
This work lays a foundation for the investigation of the larger question of how sound field synthesis systems influence the sound quality experienced by the listener. To tackle this question future work should include the influence of the aliasing artifacts on the perceived timbre as well. 4, 39 the driving signals used in this study are listed, the interested reader is referred to Wierstorf 40 for a detailed derivation of them.
For a circular loudspeaker array with radius r 0 , x ref ¼ ð0; 0Þ and a point source as source model the 2.5-dimensional NFC-HOA driving function is given as
